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1. 

LEVELING AUDIO SIGNALS 

BACKGROUND 

The present disclosure relates to digital audio data. 
Digital audio data is associated with a number of different 

parameters. The audio data has a level value based on the 
energy that is contained in the audio data. This level value 
is typically referred to as a root mean square (RMS) value 
of the audio data. The audio data also has a peak value. The 
peak value is a maximum amplitude value for the audio data 
within a specified time (e.g., one period of an audio wave 
form of the audio data). The ratio of the peak value and the 
RMS value over a specified time for the audio data is 
referred to as a crest factor. A high crest factor indicates 
audio peak intensities that are higher than the RMS value for 
the audio data. 

Additionally, the audio data can be edited. A user can 
apply different processing operations to portions of the audio 
data to generate particular audio effects. For example, the 
audio data can be adjusted by a user to increase amplitude 
of the audio data (e.g., by increasing the overall intensity of 
the audio data) across time. This is typically referred to as 
applying a gain to the audio data. In another example, the 
amplitude of audio data can be adjusted over a specified 
frequency range. This is typically referred to as equalization. 
The signal intensity of audio data can vary over time. 

Depending on several factors, e.g., background noise, num 
ber of distinct audio signal sources, or individual signal 
intensities, the audibility of audio data or the audibility of 
audio signals contained in the audio data may be suboptimal. 
An example of audio data containing audio signals having 
different intensity are voice recordings. The voices of dif 
ferent speakers located at different positions, relative to the 
position of the audio recording equipment (e.g., a micro 
phone), result in differences in a number of aspects including 
tonality, intensity, or dynamics. Additionally, the speakers 
may exhibit behavior that influences the audio properties of 
their voices substantially, e.g., by turning their heads or 
changing position. Other factors may also exist that influ 
ence the recording of audio data. 

SUMMARY 

The present specification relates to systems, methods, and 
apparatus including computer program products for editing 
digital audio data. In general, one aspect of the Subject 
matter described in this specification can be embodied in 
methods that include the actions of receiving digital audio 
data; dividing the audio data into first audio data and second 
audio data; performing on-line processing of the first and 
second audio data including segmenting the first audio data 
according to one or more partitioning parameters into dis 
crete time partitions, sequentially analyzing for each discrete 
time partition the first audio data of the corresponding 
discrete time partition, and modifying the second audio data 
according to the analysis of the first audio data; and output 
ting the modified second audio data. Other embodiments of 
this aspect include corresponding systems, apparatus, and 
computer program products. 

These and other embodiments can optionally include one 
or more of the following features. The partitioning param 
eters include a partition count, a partition size, and an offset 
value. The aspect can further include determining a time 
delay according to the partitioning parameters and delaying 
the second audio data by the time delay. The analysis 
includes determining a root mean square value, a peak value, 
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2 
and a crest factor for the first audio data associated with the 
discrete time partition. The aspect can further include 
sequentially inserting, for each discrete time partition, an 
element into a first data structure, the element including one 
or more of the root mean square value, the peak value, and 
the crest factor. 
The aspect can further include using the first data struc 

ture according to first data structure parameters, the first data 
structure parameters being determined according to the 
partitioning parameters, the first data structure parameters 
including a data structure size and an index, the first data 
structure being a first-in-first-out data structure having a first 
and a last element. The aspect can further include storing in 
a second data structure all the root mean square values stored 
in the first data structure and Sorting the root mean square 
values in the second data structure according to the sorting 
criteria. The aspect can further include using the second data 
structure according to second data structure parameters, the 
second data structure parameters being determined accord 
ing to the partitioning parameters, the second data structure 
parameters including a data structure size and an index. 
The modification of the second audio data includes apply 

ing again change. The aspect can further include identifying 
a mapping table including mappings from input data to 
output data; determining the gain change according to a root 
mean square value stored for one or more of the discrete 
time partitions; and determining an output value applying 
the gain change using a mapping of the root mean square 
value in the mapping table, an attack time, and a release 
time. The aspect can further include determining a current 
noise floor value according to a plurality of noise estimator 
parameters including a previous noise floor value, a damp 
ing factor, and a root mean square value stored in a data 
structure at the element identified by a noise floor source 
index. The aspect can further include using a noise gate 
having one or more noise gate parameters and controlling 
the noise gate parameters according to the noise estimator 
parameters at intervals determined according to the parti 
tioning parameters. 

Particular embodiments of the subject matter described in 
this specification can be implemented to realize one or more 
of the following advantages. Audio data including voice 
recordings can be processed to significantly enhance the 
audibility and clarity of Voices having different signal inten 
sity and in relation to background noise. The audio data can 
be processed on-line, i.e., the processing can be applied in 
connection with live audio recording and playback. Prepro 
cessing or off-line processing of the audio data, e.g., Scan 
ning a complete audio data file, is not necessary. Individual 
components can be arranged and configured for individual 
applications. Some applications require, for example, ampli 
fication of weak signals and attenuation of loud signals. 
Other applications require only amplification of weak sig 
nals or attenuation of loud signals. Individual requirements 
can be adapted to by the arrangement of processing com 
ponents and their configuration. 
The processing provides audio data having a high level of 

quality (e.g., speech is clearly understandable) in the pres 
ence of different levels of background noise. The result is an 
audio signal that is equally loud over time, which increases 
speech intelligibility and reduces the overall crest factor of 
the signal. The processing can be incorporated, for example, 
in entertainment devices (e.g., radios, TVs, CD players, 
DVD players, mp3 players), in otological applications (e.g., 
hearing aids), in communication devices (e.g., phones, 
audio/video conferencing devices), and recording equip 



US 9,575,715 B2 
3 

ment (e.g., as a level controlling mechanism in microphones 
or in an analog/digital converter with a microphone input). 
The details of one or more embodiments of the invention 

are set forth in the accompanying drawings and the descrip 
tion below. Other features, aspects, and advantages of the 
invention will become apparent from the description, the 
drawings, and the claims. 

BRIEF DESCRIPTION OF THE DRAWINGS 

FIG. 1 is a block diagram showing an example arrange 
ment of audio components and signal processing flows. 

FIG. 2 is a coordinate system illustrating an example 
mapping between input and output values. 

FIG. 3 is a flowchart showing an example process for 
determining a current estimated noise floor. 

FIG. 4 is a flowchart showing an example process for 
configuring a noise gate. 

FIG. 5 is a flowchart showing an example process for 
configuring an intra clip leveler. 

FIG. 6 is a schematic diagram of a generic computer 
system. 

Like reference numbers and designations in the various 
drawings indicate like elements. 

DETAILED DESCRIPTION 

FIG. 1 is a block diagram showing an example arrange 
ment 100 of audio components and signal processing flows. 
Audio data flow with respect to the audio components of the 
arrangement 100 is illustrated using arrows having Solid 
lines. In some implementations, audio data flow is uni 
directional. Control data flow, e.g., for configuration of 
components or flow of control data between components, is 
illustrated using arrows having dashed lines. Control data 
flow can be uni-directional or bi-directional. Bi-directional 
control data flow may be used, for example, in feedback 
driven components (e.g., when the processing of one com 
ponent alters parameters of one or more other components). 

Audio data 110 received from one or more audio sources 
are input along an audio data flow 115 to a signal divider 
120. The audio data can include, for example, audio files 
received locally or remotely as well as live recording from 
one or more recording devices. The signal divider 120 
provides one or more identical copies of the input audio 
data. Thus, different audio components can Subsequently 
access different copies of the audio data output from the 
signal divider 120. In particular, FIG. 1 shows audio data 
output from the signal divider 120 along an audio data flow 
127 to an RMS detector 180 and audio data output from the 
signal divider 120 along an audio data flow 125 to a delay 
component 130. 
The delay component 130 can receive control data along 

a control data flow 184 from the RMS detector 180, for 
example, setting the time delay to be applied to the audio 
data by the delay component 130. The time delay provided 
by the delay component 130, for example, allows the audio 
to be processed by one or more audio components using 
information from the analysis of the audio data by the RMS 
detector 180. 

Alternatively, the delay component 130 can also be con 
figured not to delay the audio signal (e.g., setting a Zero time 
delay). A noise gate 140 receives the delayed (or non 
delayed) audio data from the delay component 130 along an 
audio data flow 135. Additionally, an intra clip leveler 150 
receives the audio data from the noise gate 140 along an 
audio data flow 145. An optional compressor 160 receives 
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4 
the audio data from the intra clip leveler 150 along an audio 
data flow 155 and an optional limiter 170 receives the audio 
data from the compressor 160 along an audio data flow 165. 
As shown in FIG. 1, after passing through the limiter 170, 

the audio data are output for playback, storage, or further 
processing (e.g., editing and display) outside of the arrange 
ment 100 along an audio data flow 175. The noise gate 140 
and the intra clip leveler 150 can also receive control data 
from the RMS detector 180 along control data flows 186 and 
188 respectively. Details of the individual control data flow 
between the RMS detector 180, the delay 130, the noise gate 
140, and the intra clip leveler 150 are described in greater 
detail below. Additionally, a description of the optional 
compressor 160 and the limiter 170 also follows below. 
The RMS detector 180 receives the audio data from the 

signal divider 120. The RMS detector 180 partitions the 
received audio data into a specified number of discrete time 
partitions. The RMS detector 180 partitions the audio data 
according to a number of partitioning parameters, which can 
include a partition count, a partition size, and an offset value. 
In some implementations, each discrete time partition has an 
equal duration. Parameters may be adjusted dynamically, 
e.g., by user input or as a result of processing in the same or 
another component. In some implementations, the partition 
ing includes ten time partitions with each having a duration 
of 50 ms. 
The offset value can be used to provide an offset in time 

between an applied effect from a given audio component 
(e.g., a gain increase) and the time at which a particular 
audio level triggering the effect occurs. For example, the 
offset value can be used to shift the loudness of the audio 
signal in time in a particular direction depending on whether 
the offset is positive or negative. In some implementations, 
the offset is a negative number. Thus, for example, when the 
RMS value rises, the intra clip leveler 150 can start decreas 
ing the gain at a point in time earlier than when the level 
actually rises. This can be performed, for example, when a 
highest detected RMS value is not used, as will be described 
in greater detail below. 
Two data structures (e.g., buffers) are maintained and 

configured according to individual parameters and the par 
titioning parameters. In some implementations, the data 
structures are arrays and the individual parameters include, 
for example, an array size, an index, and element contents, 
e.g., the type and size of variables in single element. For 
example, the first data structure can be a first-in-first-out 
(FIFO) array having an array size often elements, an index, 
and a first and a last element. Each element in the first data 
structure can hold several values, including, e.g., an RMS 
value, a peak value, and a crest factor. The second data 
structure is also an array holding ten elements and also has 
an index. Each element in the second data structure can hold 
several values, including, e.g., an RMS value. Other data 
structures may be used, for example, those having features 
similar to a FIFO array (e.g., ring buffers). 

Sequentially, for each discrete time partition of the audio 
data, the audio data within the time partition is analyzed. The 
analysis can include, e.g., determining one or more of an 
RMS value, a peak value, and a crest factor for the audio 
data within the particular time partition. These values are 
sequentially stored (e.g., corresponding to each time parti 
tion analyzed in sequence) in the first data structure. Once 
the elements of the first data structure are fully populated 
with values (e.g., following an analysis of a specified 
number of time partitions corresponding to a number of 
elements in the array), analyzing a next discrete time par 
tition results in the values corresponding to this time parti 
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tion replacing the values of the element holding the oldest 
values. After analysis of the audio data in a particular time 
partition, the RMS values from the first data structure are 
copied into the second data structure. 
The elements in the second data structure are sorted 

according to one or more specified sorting criteria. For 
example, elements can be sorted ascending by the corre 
sponding RMS values so that the value stored in the element 
with the lowest index holds a minimum RMS value and the 
value stored in the element with the highest index holds a 
maximum RMS value. In some implementations, the copy 
ing of values from the first to the second data structure is 
optimized in one of several commonly known ways, e.g., 
such that all values from the first data structure are not 
necessarily copied. Thus, an online processing can be per 
formed by the RMS detector 180 that identifies RMS values 
of audio data at particular points in time. 
The intra clip noise estimator 190 determines and main 

tains a current estimated noise floor using, e.g., the detected 
RMS values of the audio data. FIG. 3 shows an example 
process 300 for determining a current estimated noise floor. 
For convenience, the process 300 will be described with 
respect to a component (e.g., a noise estimator) that per 
forms the process 300, e.g., the intra clip noise estimator 
190. 
The noise estimator analyzes 320 audio data for a next 

time partition. For the time partition, the noise estimator 
determines 330 a new current estimated noise floor. The 
RMS value stored in the element with the lowest index in the 
second data structure is regarded as the new estimated noise 
floor. In some implementations, additional processing to 
improve the value of the estimated noise floor is performed, 
for example, using additional data (e.g., using other values 
from the second data structure). The noise estimator deter 
mines 340 whether the new estimated noise floor is less than 
the current noise floor. When the new estimated noise floor 
is lower than the current estimated noise floor, the noise 
estimator sets 350 the current estimated noise floor to the 
value of the new estimated noise floor. When the new 
estimated noise floor is higher than the current estimated 
noise floor, the noise estimator incorporates 360 the new 
estimated noise floor into the current estimated noise floor 
using a damping factor d. The damping factor results in the 
current level being adjusted gradually to a higher value, 
instead of being adjusted instantly. The new estimated noise 
floor, n, is incorporated into the current estimated noise est 

floor according to the following formula: 

|-- 1) + (1 - d) vO; if n (i-1) < yO nest (i) = 
vOl; otherwise 

The value VO denotes the value stored in the second data 
structure in the element with the lowest index. The damping 
factor d determines how slowly or quickly the current 
estimated noise floor is raised. A higher value for the 
damping factor indicates a slower attack, i.e., the current 
estimated noise floor rises slowly. A lower value of the 
damping factor indicates a faster attack, i.e., the current 
estimated noise floor rises quickly. In some implementa 
tions, the damping factor can have a value in the range 0. 
1. 
The noise estimator can be set to a lower bound, e.g., -80 

dB, so that the current estimated noise floor cannot become 
smaller than the lower bound. The noise estimator deter 
mines 370 whether a specified number of time partitions 
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6 
have been analyzed (e.g., all time partitions) and a current 
noise floor estimated. If there are additional time partitions 
to be analyzed, the process repeats once per time partition. 
If there are no further time partitions to be analyzed, the 
noise estimator ends 380 the processing. 
The delay component 130 receives control data from the 

RMS detector 180 configuring the time delay that is to be 
applied to the audio data. In some implementations, the time 
delay is set to 500 ms (ten partitions, each with a duration 
of 50 ms). The time delay may be set once, or it may be set 
continuously, e.g., once per time duration, or more often. In 
Some implementations, the time delay is set once at the start 
of the processing, and it is determined by the RMS detector 
180 according to the number of time partitions and their 
durations. 
The noise gate 140 receives control data from the RMS 

detector 180. For example, the noise gate 140 determines a 
minimum signal level (i.e. a threshold) for audio data that 
can pass and is set dynamically to the current estimated 
noise floor determined by the intra clip noise estimator 190. 
As a result, audio data having a signal level below the 
threshold set in the noise gate 140 is blocked and audio data 
having a signal level of at least the threshold set in the noise 
gate 140 passes. In some implementations, the noise gate 
140 is configured to behave like a noise expander, e.g., using 
a ratio parameter of 2. When the ratio parameter is set to Oo, 
the noise gate 140 behaves like a gate. 

FIG. 4 shows an example process 400 for configuring the 
noise gate 140. For convenience, the process 400 will be 
described with respect to a component, for example, a noise 
gate, that performs the process 400 (e.g., the noise gate 140). 
The noise gate computes 415 a current peak value of the 
audio data and optionally converts the current peak value to 
a logarithmic scale, e.g., a dB Scale. 
The noise gate determines 420 whether the current peak 

value is less than the estimated noise floor (estimated, e.g., 
using the intra clip noise estimator 190). When the current 
peak value is lower than the estimated noise floor, the noise 
gate is kept open 440 for a specific hold time, e.g., 250 ms. 
A corresponding counter, representing the hold time by the 
number of samples, e.g., 44.1 or 48 thousand samples per 
second, is decremented. When the noise gate determines 445 
that the counter has reached 0, the gate is closed 450 and the 
noise gate calculates 460 again change Ag. The gain change 
is calculated as: 

The difference between the noise gate threshold and the 
current peak levels is used to compute a linear gain. In 
Some implementations, the difference is multiplied by a 
factor of 2, i.e., the difference is expanded. Alternatively, the 
difference can be multiplied by a factor between 0 and 1. 
Factors in the range of 0; 1 compress the difference, factors 
greater than 1 expand the difference. 
When the current peak value is higher than the estimated 

noise floor, the noise gate is kept open 430 and the counter 
is reset to its maximum hold time in samples. In some 
implementations, for a maximum hold time of 250 ms and 
a sample rate of 44.1 thousand samples per second, the 
counter is reset to the value 11025. 
The noise gate computes 460 the gain change and con 

verts it to a linear gain 460. When 465 the gate is open, the 
noise gate applies 470 the linear gain with a specified attack 
time (e.g., 10 ms). Otherwise, the noise gate applies 480 the 
linear gain with a specified release time (e.g., 1000 ms). The 
values for attack and release times can be adjusted, for 
example according to user input, to provide particular 
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results. The values can also be adjusted as a result of 
processing in the same or another audio component. Thus, a 
specified gain can be applied to the audio databased on the 
peak value and noise floor of the audio data. 
The intra clip leveler (compressor) 150 receives control 

data from the RMS detector 180 for configuring the com 
pressor for the audio data, e.g., applying again change to the 
audio data. FIG. 5 shows an example process 500 for 
configuring the intra clip leveler 150. For convenience, the 
process 500 will be described with respect to a component, 
e.g., an intra clip leveler, that performs the process 500 (e.g., 
the intra clip leveler 150). For each time partition, the intra 
clip leveler estimates 520 the loudness (e.g., a perceived 
intensity) of the audio data using an index and the RMS 
values stored the second data structure. In some implemen 
tations, an index lower than the highest is used, e.g., the third 
highest index. The intra clip leveler determines 525 the gain 
change to the audio data using a coordinate system 200 
(mapping table) Such as illustrated in FIG. 2. 
The intra clip leveler maps 530 the RMS value (the 

ordinate on the axis 210) representing the loudness of the 
audio data in the current time partition to an output value 
(the abscissa on the axis 220) according to the coordinate 
system shown in FIG. 2. The intra clip leveler then computes 
540 the ratio between the input value and output value. This 
computed ratio defines the gain change 550 which is applied 
560 to the audio data in the current time partition. The 
characteristic curves 230, 240 in the coordinate system 200 
can be adapted as needed. The curves define attenuation 
characteristics for high level signals as well as the amplifi 
cation characteristics of low level signals. 

In some implementations, the audio processing moves the 
time varying dynamic range of an audio signal into a target 
range defined by a reference level and a mapping table. The 
user can define a reference level for the intra clip leveler, at 
which the audio signal is to be maintained, either by 
amplifying or attenuating the signal. Internal parameters of 
the involved components are dynamically adjusted in order 
to produce a natural Sounding result. 

In some implementations, different partitions of the audio 
data can have different loudness. As a result, the amplifica 
tion applied can vary for different partitions. Additionally, if 
the audio data of a particular partition has a low level (e.g., 
the RMS of the noise floor is low and the peak of the signal 
is in the same range) the amplification can be limited to a 
specified level or limited relative to the amplification pro 
vided when the signal has a low RMS of the noise floor noise 
floor but with high peaks. In some implementations, the 
maximum amplification applied by the intra clip leveler 
depends on both the peak and the noise floor levels. 
As shown in FIG. 1, the audio data is processed by the 

optional compressor 160 that is configured using static 
settings. This compressor can be a broad-band or multi-band 
compressor as commonly known and used in digital audio 
equipment. Similarly, the other audio components can also 
be broad-band or multi-band components. 

In some implementations, the audio data is processed by 
the optional limiter 170 that is configured using static 
settings. The purpose of this limiter is to filter out potential 
peaks that might be contained in the audio data. Sometimes, 
after processing, the audio data may contain amplitude 
values that exceed certain threshold values. The limiter is 
configured using a static threshold value, which typically 
clips the audio peaks to the threshold level. 

Subsequently, the processed audio data are output for 
playback, storage, transmission, or further processing out 
side of the arrangement 100. The further processing can 
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8 
include different editing operations e.g., using a digital audio 
workstation. In some implementations, the audio or control 
data flow is different. For example, a smaller or greater 
number of components can be involved in the same or a 
different order or arrangement. Components can occur mul 
tiple times and can be configured differently. 
A typical example for an application is on-board airplane 

entertainment. Providing a desired RMS (reference level) 
where there is a reduced dynamic range due to the high noise 
floor, can require special audio processing. This processing 
is used to provide specially adapted Soundtracks (e.g., of 
movies shown on-board). Alternatively, in the complete 
absence of background noise, the audio signal can be 
adapted in a similar way. 

FIG. 6 is a schematic diagram of a generic computer 
system 600. The system 600 can be used for practicing 
operations described in association with, for example, the 
methods 300, 400, and 500. The system 600 can include a 
processor 610, a memory 620, a storage device 630, and 
input/output devices 640. Each of the components 610, 620, 
630, and 640 are interconnected using a system bus 650. The 
processor 610 is capable of processing instructions for 
execution within the system 600. In one implementation, the 
processor 610 is a single-threaded processor. In another 
implementation, the processor 610 is a multi-threaded pro 
cessor. The processor 610 is capable of processing instruc 
tions stored in the memory 620 or on the storage device 630 
to display graphical information for a user interface on the 
input/output device 640. 
The memory 620 is a computer readable medium such as 

volatile or non volatile that stores information within the 
system 600. The memory 620 can store data structures, for 
example. The storage device 630 is capable of providing 
persistent storage for the system 600. The storage device 630 
may be a floppy disk device, a hard disk device, an optical 
disk device, or a tape device, or other Suitable persistent 
storage means. The input/output device 640 provides input/ 
output operations for the system 600. In one implementa 
tion, the input/output device 640 includes a keyboard and/or 
pointing device. In another implementation, the input/output 
device 640 includes a display unit for displaying graphical 
user interfaces. 

Embodiments of the subject matter and the functional 
operations described in this specification can be imple 
mented in digital electronic circuitry, or in computer soft 
ware, firmware, or hardware, including the structures dis 
closed in this specification and their structural equivalents, 
or in combinations of one or more of them. Embodiments of 
the subject matter described in this specification can be 
implemented as one or more computer program products, 
i.e., one or more modules of computer program instructions 
encoded on a computer-readable medium for execution by, 
or to control the operation of data processing apparatus. The 
computer-readable medium can be a machine-readable stor 
age device, a machine-readable storage Substrate, a memory 
device, a composition of matter effecting a machine-read 
able propagated signal, or a combination of one or more of 
them. The term “data processing apparatus' encompasses all 
apparatus, devices, and machines for processing data, 
including by way of example a programmable processor, a 
computer, or multiple processors or computers. The appa 
ratus can include, in addition to hardware, code that creates 
an execution environment for the computer program in 
question, e.g., code that constitutes processor firmware, a 
protocol stack, a database management system, an operating 
system, or a combination of one or more of them. A 
propagated signal is an artificially generated signal, e.g., a 
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machine-generated electrical, optical, or electromagnetic 
signal, that is generated to encode information for transmis 
sion to Suitable receiver apparatus. 
A computer program (also known as a program, Software, 

Software application, Script, or code) can be written in any 
form of programming language, including compiled or 
interpreted languages, and it can be deployed in any form, 
including as a stand-alone program or as a module, compo 
nent, Subroutine, or other unit Suitable for use in a computing 
environment. A computer program does not necessarily 
correspond to a file in a file system. A program can be stored 
in a portion of a file that holds other programs or data (e.g., 
one or more Scripts stored in a markup language document), 
in a single file dedicated to the program in question, or in 
multiple coordinated files (e.g., files that store one or more 
modules, Sub-programs, or portions of code). A computer 
program can be deployed to be executed on one computer or 
on multiple computers that are located at one site or dis 
tributed across multiple sites and interconnected by a com 
munication network. 
The processes and logic flows described in this specifi 

cation can be performed by one or more programmable 
processors executing one or more computer programs to 
perform functions by operating on input data and generating 
output. The processes and logic flows can also be performed 
by, and apparatus can also be implemented as, special 
purpose logic circuitry, e.g., an FPGA (field programmable 
gate array) or an ASIC (application-specific integrated cir 
cuit). 

Processors suitable for the execution of a computer pro 
gram include, by way of example, both general and special 
purpose microprocessors, and any one or more processors of 
any kind of digital computer. Generally, a processor will 
receive instructions and data from a read-only memory or a 
random access memory or both. The essential elements of a 
computer are a processor for performing instructions and 
one or more memory devices for storing instructions and 
data. Generally, a computer will also include, or be opera 
tively coupled to receive data from or transfer data to, or 
both, one or more mass storage devices for storing data, e.g., 
magnetic, magneto-optical disks, or optical disks. However, 
a computer need not have such devices. Moreover, a com 
puter can be embedded in another device, e.g., a mobile 
telephone, a personal digital assistant (PDA), a mobile audio 
player, a Global Positioning System (GPS) receiver, to name 
just a few. Computer-readable media suitable for storing 
computer program instructions and data include all forms of 
non-volatile memory, media and memory devices, including 
by way of example semiconductor memory devices, e.g., 
EPROM, EEPROM, and flash memory devices; magnetic 
disks, e.g., internal hard disks or removable disks; magneto 
optical disks; and CD-ROM and DVD-ROM disks. The 
processor and the memory can be supplemented by, or 
incorporated in, special purpose logic circuitry. 

To provide for interaction with a user, embodiments of the 
Subject matter described in this specification can be imple 
mented on a computer having a display device, e.g., a CRT 
(cathode ray tube) or LCD (liquid crystal display) monitor, 
for displaying information to the user and a keyboard and a 
pointing device, e.g., a mouse or a trackball, by which the 
user can provide input to the computer. Other kinds of 
devices can be used to provide for interaction with a user as 
well; for example, feedback provided to the user can be any 
form of sensory feedback, e.g., visual feedback, auditory 
feedback, or tactile feedback; and input from the user can be 
received in any form, including acoustic, speech, or tactile 
input. 
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10 
Embodiments of the subject matter described in this 

specification can be implemented in a computing system that 
includes a back-end component, e.g., as a data server, or that 
includes a middleware component, e.g., an application 
server, or that includes a front-end component, e.g., a client 
computer having a graphical user interface or a Web browser 
through which a user can interact with an implementation of 
the Subject matter described is this specification, or any 
combination of one or more Such back-end, middleware, or 
front-end components. The components of the system can be 
interconnected by any form or medium of digital data 
communication, e.g., a communication network. Examples 
of communication networks include a local area network 
(“LAN”) and a wide area network (“WAN”), e.g., the 
Internet. 
The computing system can include clients and servers. A 

client and server are generally remote from each other and 
typically interact through a communication network. The 
relationship of client and server arises by virtue of computer 
programs running on the respective computers and having a 
client-server relationship to each other. 

While this specification contains many specifics, these 
should not be construed as limitations on the scope of the 
invention or of what may be claimed, but rather as descrip 
tions of features specific to particular embodiments of the 
invention. Certain features that are described in this speci 
fication in the context of separate embodiments can also be 
implemented in combination in a single embodiment. Con 
versely, various features that are described in the context of 
a single embodiment can also be implemented in multiple 
embodiments separately or in any suitable Subcombination. 
Moreover, although features may be described above as 
acting in certain combinations and even initially claimed as 
Such, one or more features from a claimed combination can 
in Some cases be excised from the combination, and the 
claimed combination may be directed to a Subcombination 
or variation of a Subcombination. 

Similarly, while operations are depicted in the drawings in 
a particular order, this should not be understood as requiring 
that such operations be performed in the particular order 
shown or in sequential order, or that all illustrated operations 
be performed, to achieve desirable results. In certain cir 
cumstances, multitasking and parallel processing may be 
advantageous. Moreover, the separation of various system 
components in the embodiments described above should not 
be understood as requiring such separation in all embodi 
ments, and it should be understood that the described 
program components and systems can generally be inte 
grated together in a single Software product or packaged into 
multiple software products. 

Thus, particular embodiments of the invention have been 
described. Other embodiments are within the scope of the 
following claims. For example, the actions recited in the 
claims can be performed in a different order and still achieve 
desirable results. 

What is claimed is: 
1. A computer-implemented method comprising: 
receiving digital audio data; 
dividing the audio data into first audio data and second 

audio data; 
segmenting a first portion of the first audio data into a 

plurality of discrete time partitions according to one or 
more partitioning parameters; 

detecting, by data processing apparatus, a plurality of root 
mean square (RMS) values for the audio data of the 
plurality of discrete time partitions, wherein the plu 
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rality of RMS values include a distinct RMS value for 
the audio data of each respective time partition; 

storing the plurality of RMS values for the audio data of 
the plurality of discrete time partitions in a first data 
Structure: 

Sorting the plurality of RMS values according to a sorting 
criteria, wherein the sorted RMS values are stored in a 
second data structure; 

selecting, from the sorted RMS values stored in the 
second data structure, an RMS value that is not the 
highest of the RMS values stored in the second data 
Structure: 

determining a current noise floor value according to a 
plurality of noise estimator parameters including a 
previous noise floor value, a damping factor, and a 
second RMS value that is the lowest of the RMS values 
stored in the second data structure; 

using the selected RMS value to determine again adjust 
ment for at least a portion of the second audio data 
corresponding to a first time partition of the first portion 
of the first audio data; 

modifying the portion of the second audio data according 
to the gain adjustment based on the current noise floor 
value; and 

outputting the modified second audio data. 
2. The computer-implemented method of claim 1, 

wherein the partitioning parameters include one or more of 
a partition count, a partition size, or an offset value. 

3. The computer-implemented method of claim 1, further 
comprising: 

determining a time delay according to the partitioning 
parameters; and 

delaying the second audio data by the time delay. 
4. The computer-implemented method of claim 1, further 

comprising determining one or more of a peak value or a 
crest factor for the first audio data associated with each 
discrete time partition. 

5. The computer-implemented method of claim 4, 
wherein storing the plurality of RMS values in the first data 
structure includes: 

sequentially inserting, for each discrete time partition, an 
element into the first data structure, the element includ 
ing one or more of the RMS value, the peak value, or 
the crest factor. 

6. The computer-implemented method of claim 5, further 
comprising: 

using the first data structure according to first data struc 
ture parameters, the first data structure parameters 
being determined according to the partitioning param 
eters, the first data structure parameters including a data 
structure size and an index, the first data structure being 
a first-in-first-out data structure having a first and a last 
element. 

7. The computer-implemented method of claim 1, further 
comprising: 

using the second data structure according to second data 
structure parameters, the second data structure param 
eters being determined according to the partitioning 
parameters, the second data structure parameters 
including a data structure size and an index. 

8. The computer-implemented method of claim 1, 
wherein the using of the selected RMS value to determine 
the gain adjustment comprises: 

identifying a mapping table including mappings from 
input data to output data; 

mapping, using the mapping table, the selected RMS 
value to an output value; and 
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12 
computing a ratio of the output value to the selected RMS 

value, wherein the gain adjustment is based on the 
ration. 

9. The computer-implemented method of claim 1, further 
comprising: 

using a noise gate having one or more noise gate param 
eters; and 

controlling the noise gate parameters according to the 
noise estimator parameters at intervals determined 
according to the partitioning parameters. 

10. The computer-implemented method of claim 1, 
wherein: 

the sorted RMS values are stored in the second data 
structure in an ascending order Such that the highest of 
the sorted RMS values is stored in a highest indexed 
element of the second data structure; and 

the selecting of the RMS value comprises selecting the 
RMS value from an element other than the highest 
indexed element. 

11. The computer-implemented method of claim 1, 
wherein: 

the sorted RMS values are stored in the second data 
structure in an ascending order Such that a lowest of the 
sorted RMS values is stored in a lowest indexed 
element of the second data structure; and 

the method further comprises retrieving the second RMS 
value from the lowest indexed element. 

12. A computer program product, tangibly stored on a 
non-transitory computer readable medium, comprising 
instructions that when executed on a server cause the server 
to perform operations comprising: 

receiving digital audio data; 
dividing the audio data into first audio data and second 

audio data; 
segmenting a first portion of the first audio data into a 

plurality of discrete time partitions according to one or 
more partitioning parameters; 

detecting a plurality of root mean square (RMS) values 
for the audio data of the plurality of discrete time 
partitions, wherein the plurality of RMS values include 
a distinct RMS value for the audio data of each respec 
tive time partition; 

storing the plurality of RMS values for the audio data of 
the plurality of discrete time partitions in a first data 
Structure: 

sorting the plurality of RMS values according to a sorting 
criteria, wherein the sorted RMS values are stored in a 
second data structure; 

selecting, from the sorted RMS values stored in the 
second data structure, an RMS value that is not the 
highest of the RMS values stored in the second data 
Structure: 

determining a current noise floor value according to a 
plurality of noise estimator parameters including a 
previous noise floor value, a damping factor, and a 
second RMS value that is the lowest of the RMS values 
stored in the second data structure; 

using the selected RMS value to determine again adjust 
ment for at least a portion of the second audio data 
corresponding to a first time partition of the first portion 
of the first audio data; 

modifying the portion of the second audio data according 
to the gain adjustment based on the current noise floor 
value; and 

outputting the modified second audio data. 
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13. The computer program product of claim 12, wherein 
the partitioning parameters include one or more of a parti 
tion count, a partition size, or an offset value. 

14. The computer program product of claim 12, further 
comprising instructions to perform operations including: 

determining a time delay according to the partitioning 
parameters; and 

delaying the second audio data by the time delay. 
15. The computer program product of claim 12, further 

comprising determining one or more of a peak value or a 
crest factor for the first audio data associated with each 
discrete time partition. 

16. The computer program product of claim 15, wherein 
storing the plurality of RMS values in the first data structure 
includes: 

sequentially inserting, for each discrete time partition, an 
element into the first data structure, the element includ 
ing one or more of the RMS value, the peak value, or 
the crest factor. 

17. The computer program product of claim 16, further 
comprising instructions to perform operations including: 

using the first data structure according to first data struc 
ture parameters, the first data structure parameters 
being determined according to the partitioning param 
eters, the first data structure parameters including a data 
structure size and an index, the first data structure being 
a first-in-first-out data structure having a first and a last 
element. 

18. The computer program product of claim 12, further 
comprising instructions to perform operations including: 

using the second data structure according to second data 
structure parameters, the second data structure param 
eters being determined according to the partitioning 
parameters, the second data structure parameters 
including a data structure size and an index. 

19. The computer program product of claim 12, wherein 
the using of the selected RMS value to determine the gain 
adjustment comprises: 

identifying a mapping table including mappings from 
input data to output data; 

mapping, using the mapping table, the selected RMS 
value to an output value; and 

computing a ratio of the output value to the selected RMS 
value, wherein the gain adjustment is based on the 
ratio. 

20. The computer program product of claim 12, further 
comprising instructions to perform operations including: 

using a noise gate having one or more noise gate param 
eters; and 

controlling the noise gate parameters according to the 
noise estimator parameters at intervals determined 
according to the partitioning parameters. 

21. A system comprising: 
one or more computers configured to perform operations 

including: 
receiving digital audio data; 
dividing the audio data into first audio data and second 

audio data; 
segmenting a first portion of the first audio data into a 

plurality of discrete time partitions according to one or 
more partitioning parameters; 

detecting a plurality of root mean square (RMS) values 
for the audio data of the plurality of discrete time 
partitions, wherein the plurality of RMS values include 
a distinct RMS value for the audio data of each respec 
tive time partition; 
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14 
storing the plurality of RMS values for the audio data of 

the plurality of discrete time partitions in a first data 
Structure: 

sorting the plurality of RMS values according to a sorting 
criteria, where the sorted RMS values are stored in a 
second data structure; 

selecting, from the sorted RMS values stored in the 
second data structure, an RMS value that is not the 
highest of the RMS values stored in the second data 
Structure: 

determining a current noise floor value according to a 
plurality of noise estimator parameters including a 
previous noise floor value, a damping factor, and a 
second RMS value that is the lowest of the RMS values 
stored in the second data structure; 

using the selected RMS value to determine again adjust 
ment for at least a portion of the second audio data 
corresponding to a first time partition of the first portion 
of the first audio data; 

modifying the portion of the second audio data according 
to the gain adjustment based on the current noise floor 
value; and 

outputting the modified second audio data. 
22. The system of claim 21, wherein the partitioning 

parameters include one or more of a partition count, a 
partition size, or an offset value. 

23. The system of claim 21, further configured to perform 
operations including: 

determining a time delay according to the partitioning 
parameters; and 

delaying the second audio data by the time delay. 
24. The system of claim 21, further comprising determin 

ing one or more of a peak value or a crest factor for the first 
audio data associated with each discrete time partition. 

25. The system of claim 24, wherein storing the plurality 
of RMS values in the first data structure includes: 

sequentially inserting, for each discrete time partition, an 
element into the first data structure, the element includ 
ing one or more of the root mean square value, the peak 
value, and the crest factor. 

26. The system of claim 25, further configured to perform 
operations including: 

using the first data structure according to first data struc 
ture parameters, the first data structure parameters 
being determined according to the partitioning param 
eters, the first data structure parameters including a data 
structure size and an index, the first data structure being 
a first-in-first-out data structure having a first and a last 
element. 

27. The system of claim 21, further configured to perform 
operations including: 

using the second data structure according to second data 
structure parameters, the second data structure param 
eters being determined according to the partitioning 
parameters, the second data structure parameters 
including a data structure size and an index. 

28. The system of claim 21, wherein the using of the 
selected RMS value to determine the gain adjustment com 
prises: 

identifying a mapping table including mappings from 
input data to output data; 

mapping, using the mapping table, the selected RMS 
value to an output value; and 

computing a ratio of the output value to the selected RMS 
value, wherein the gain adjustment is based on the 
ratio. 
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29. The system of claim 21, further configured to perform 
operations including: 

using a noise gate having one or more noise gate param 
eters; and 

controlling the noise gate parameters according to the 5 
noise estimator parameters at intervals determined 
according to the partitioning parameters. 
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